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(57) Abstract 

A transmission system (14) broadcasts a signal, having (14), a power amplifier (20) that causes non-linear distortion. A pre-amp 
component, such as a band-pass filter (32), causes linear distortion. A high power filter (38) is located downstream of the power amplifier 
(20) and causes linear distortion. A linear equalizer (42) compensates for the distortion caused by the high power filter (38). A non-linear 
corrector (44) compensates for the distortion caused by the power amplifier (20), and is located downstream of the linear equalizer (42). A 
linear equalizer (46) compensates for the distortion caused by the pre-amp component (e.g., 32). The compensating components (42-46) 
are located upstream of the distorting, pre-amp component (e.g., 32). 
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BROADCAST TRANSMISSION SYSTEM WITH SAMPLING AND CORRECTION 
ARRANGEMENT FOR CORRECTING DISTORTION CAUSED BY AMPLIFYING AND 
SIGNAL CONDITIONING COMPONENTS 

The present invention relates to broadcast transmission systems and is particularly 
directed to compensation of distortion within a digital transmission system, such as a digital TV 
("DTV") transmission system. 

A broadcast transmission system, such as a DTV broadcast system, includes an 
amplifying device that increases the power of an electrical information signal such that an 
antenna is excited to emit a broadcast signal at a desired strength. The amplifying device is 
referred to as a power amplifier. In order to optimize the quality of the broadcast signal the 
electrical signal is conditioned prior to amplification. The signal conditioning includes band- 
pass filtering the electrical signal to limit the frequency band of the electrical signal that is input 
to the power amplifier. 

Several issues arise during operation of such a transmission system. One issue is that 
the components of the transmission system, including the power amplifier and the signal 
conditioning devices, distort the electrical information signal away from intended values. 
Specifically, the power amplifier imposes non-linear distortion upon the signal. Also, some of 
the signal conditioning devices (e.g., band-limiting filter) impose linear distortions upon the 
information signal. 

As a result of such distortions within the transmission system, instantaneous amplitude 
variations (AM/ AM) and instantaneous phase variations (AM/PM) occur. In addition, 
frequency dependent amplitude and phase variations also occur. It is to be appreciated that 
within a phase-amplitude modulated system, amplitude and phase integrity of the system must 
be preserved for optimum system performance. 

Traditional equalization for television systems has been accomplished by analog, pre- 
distortion equalizers and correctors that are static (non-adaptive). Such equalizers and 
correctors require factory adjustments to provide a desired amount of pre-distortion (pre- 
equalization). Aging of components, and temperature change cause drift in the proper amount 
of pre-distortion that should be imposed by the equalizers and correctors. Occasional field 
adjustments are required. 

Digital signal processing techniques provide improved performance of the pre-distortion 
of the information signaL Specifically, digital signal processing can be used in an adaptive 
correction/ equalization approach. Such an adaptive approach can eliminate the factory and 
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field adjustments. 

It is known to perform adaptive correction of a signal within a signal stream proceeding 
toward an antenna. However, in a relatively fast data system, the correction requires a 
relatively large amount of processing in a short period of time. In one known technique, all of 
the distortion (i.e., linear and non-linear) is corrected in a single step. 

In another technique, the correction for the distortion imposed within the system is done 
component by component proceeding in a direction toward the antenna. Specifically, for each 
component the signal that is output from that component is monitored to determine the 
amount of distortion imposed by that component. A correction is then developed for that 
component. Subsequently, the next component along the signal stream is monitored to develop 
the correction for that component. However, such a technique is time consuming and is often 
unsuitable for a high data rate stream. Thus, there is a need for a high-speed technique for 
adaptive correction of linear and non-linear distortion within a digital broadcast transmission 
system. 

A second issue that presents itself is that the power amplifier may impose a frequency 
spectrum spread on the signal during amplification. The spreading may include smearing of 
the frequency and generation of unwanted frequency components. The frequency spread 
results in a broadcast signal of diminished quality. Additional signal conditioning, primarily 
in the form of band-pass filtering, after amplification will improve the quality of the broadcast 
signal. However, each additional signal-conditioning component (e.g., a band-pass filter) 
causes additional distortions to the signal. An increase in the number of distortion-causing 
components within the system is associated with an increase in the distortions that must be 
corrected. Practical signal processing systems have finite "real-time" processing capabilities and 
are subject to cost and complexity constraints. A system with a large number of distortion- 
causing components in a high data-rate system such as HDTV can easily exceed the capabilities 
of an implementable correction system. 

The present invention includes a system comprising signal provision means for 

providing an information signal, power amplifier means for amplifying the information signal 
to a broadcast transmission power level, said power amplifier means subjecting the information 
signal to distortion shifts away from intended values, characterized in that pre-amp 
conditioning means for conditioning the information signal before the information signal is 
amplified by said power amplifier means, said pre-amp conditioning means being located 
upstream of said power amplifier means, and said pre-amp conditioning means subjecting the 
information signal to distortion shifts away fromintended values, post-amp conditioning means 
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for conditioning the information signal after the information signal is amplified by said power 
amplifier means, said post-amp conditioning means being located downstream of said power 
amplifier means, and said post-amp conditioning means subjecting the information signal to 
distortion shifts away from intended values, first compensating means for modifying the 
5 information signal to compensate for the distortion shifts imposed by said post-amp 
conditioning means, said first compensating means being located upstream of said pre-amp 
conditioning means, second compensating means for modifying the information signal to 
compensate for the distortion shifts imposed by said power amplifier means, said second 
compensating means being located downstream of said first compensating means and upstream 

10 of said pre-amp conditioning means, and third compensating means for modifying the 
information signal to compensate for the distortion shifts imposed by said pre-amp conditioning 
means, said third compensating means being located downstream of said second compensating 
means and upstream of said pre-amp conditioning means. 

Advantageously, the system includes signal provision means for providing an 

15 information signal. Power amplifier means amplifies the information signal to a broadcast 
transmission power level. The power amplifier means subjects the information signal to 
distortion shifts away from intended values. Pre-amp conditioning means conditions the 
information signal before the information signal is amplified by the power amplifier means. 
The pre-amp conditioning means is located upstream of the power amplifier means. The pre- 

20 amp conditioning means subjects the information signal to distortion shifts away from intended 
values. Post-amp conditioning means conditions the information signal after the information 
signal is amplified by the power amplifier means. The post-amp conditioning means is located 
downstream of the power amplifier means. The post-amp conditioning means subjects the 
information signal to distortion shifts away from intended values. First compensating means 

25 modifies the information signal to compensate for the distortion shifts imposed by the post-amp 
conditioning means. The first compensating means is located upstream of the pre-amp 
conditioning means. Second compensating means modifies the information signal to 
compensate for the distortion shifts imposed by the power amplifier means. The second 
compensating means is located downstream of the first compensating means and upstream of 

30 the pre-amp conditioning means. Third compensating means modifies the information signal 
to compensate for the distortion shifts imposed by the pre-amp conditioning means. The third 
compensating means is located downstream of the second compensating means and upstream 
of the pre-amp conditioning means. 

The present invention will now be described, by way of example, with reference to the 
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accompanying drawings in which: 

Fig. 1 is a block diagram of an apparatus in accordance with the present invention; 
Fig. 2 is a block diagram of an example device in which the present invention is utilized; 
Fig. 3 is a flow chart of a process performed within the apparatus of Fig. 1; and 
5 Fig. 4 is a flow chart of a correction/ adaptation process performed within the apparatus 

of Fig. 1. 

One representation of the present invention is an apparatus 10 shown in function block 
format in Fig. 1 as a plurality of components that define a path of a data stream 12. An 
information data signal proceeds along the data stream 12. Preferably, the information signal 

10 has a relatively high data rate. The high data rate is related to the system environment in which 
the apparatus 10 is located. Specifically , the apparatus 1 0 is preferably part of a high definition 
("HD") digital television ("DTV") system 14 as shown in Fig. 2. Preferably, the DTV system 14 
broadcasts signals in the radio range of frequencies. In one embodiment, the broadcast signal 
is in the ultrahigh frequency range (300-3000 MHz), and is preferably in the range of 470-860 

15 MHz. 

In pertinent part, the DTV system 14 includes an 8VSB exciter 16 and a transmitter 18. 
The components of the apparatus 10 shown in Fig. 1 are located within the 8VSB exciter 16 and 
the transmitter 18 of Fig. 2. Specifically, the transmitter 18 includes a power amplifier 20 (Fig. 
1) that amplifies the information signal to a power level that is suitable for broadcast 
20 transmission of a RF signal. In one example, the amplified power level is 50 kilowatts. The 
power amplifier 20 may be comprised of an array of amplifying devices. If a plurality of 
amplifying devices is present within the power amplifier 20, a combiner device is present to 
combine amplifier device outputs. It is to be understood that various amplifier configurations 
could be employed. 

25 Turning now to the components located upstream of the transmitter 18 (Fig. 2), many 

offteseupstreamcomponentsoperatem^ 

In particular, the 8VSB exciter 16 processes information digitally. Further, at one point within 
the 8VSB exciter 16,abasebandmodulator outputs the information signal in a complex domain, 
digital format, with an output sample rate equal to the baseband symbol rate. For HDTV, the 
30 rate of 10.76 Mega-samples per second (Msa/s). 

In distinction, the power amplifier 20 amplifies an analog signal at a desired frequency 
to convey a relatively high rate of data. Thus, a series of components is located upstream of the 
power amplifier 20 to convert and condition the information signal to provide the desired input 
to the power amplifier. Specifically, (starting at the lower right comer of Fig. 1) a digital signal 
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form of the information signal is provided at a predetermined data rate (e.g., 43.04 Msa/s) to 
a digital-to-analog converter (DAC) 24. 

The DAC 24 converts the information signal to analog form. The output frequency may 
be at any convenient intermediate frequency (IF). In the illustrated embodiment, the output 
5 signal frequency is centered at a frequency of 10.76 MHz. A low-pass filter 26 is located 
downstream of the DAC 24. The output of the low-pass filter 26 is provided to a first up- 
converter 28 that is driven by a first local oscillator 30. A band-pass filter 32 is interposed 
between the first up-converter 28 and a second up-converter 34. A second local oscillator 36 
drives the second up-converter 34. The output of the second up-converter 34 is at the desired 
10 frequency and data rate for amplification by the power amplifier 20. 

A post-amplification filter 38 is located downstream of the power amplifier 20. Herein, 
the post-amplification filter 38 is referred to as a high power filter 38. The high power filter 38 
is a band-limiting filter. It is to be appreciated that the transmitter 18 may include other 
components. 

15 Focusing now upon a theoretical "ideal" system, all of the components of a transmitter 

of such an ideal system would be ideal. Specifically, a power amplifier of the system would be 
ideal and the transfer curve for the ideal amplifier would be linear. Thus, within such an ideal 
system, an information signal having a given pre-amplification power level would be amplified 
to a predetermined power level by the amplifier, based solely upon a linear relationship that 

20 dictates the amount of amplification. Also, filters of the ideal system would not impose any 
frequency dependent distortions. 

The actual power amplifier 20 of the apparatus 10 is, however, not ideal. The actual 
power transfer curve of the power amplifier 20 is not linear. A non-linear distortion is imposed 
by the power amplifier 20 upon the information signal during amplification of the information 

25 signal. Specifically, the non-linear distortion is directed to changes in instantaneous amplitude 
and phase variations. Accordingly, a correction is desired upon the information signal to 
compensate for the distortion caused by the power amplifier 20. 

In addition, the filters of the transmitter 18, and specifically the filters 26, 32, and 38, 
impose linear frequency dependent deformations to the information signal. The low-pass filter 

30 26 imposes a first linear distortion, the band-pass filter 32 imposes a second linear distortion and 
the high power filter 38 imposes a third linear distortion to the information signal. For example, 
the distortion imposed by the high power filter 38 is directed to group delay and amplitude 
response (i.e., amplitude variation versus frequency). Thus, for each distortion that occurs 
within the transmitter 18, an amount of correction or equalization must be imposed upon the 
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information signal to compensate. 

Turning again to the theoretical ideal system, any action (i.e., amplification or filtering) 
imposed upon the information signal would be time-invariant. Specifically , in the ideal system, 
the actions imposed upon the information signal would not change over time. Thus, for a given 
input stimulus, the ideal system always produces the same output, independent of the time at 
which the stimulus occurs. 

However, in actuality, the transmitter 18 is time-variant. Specifically, for a given input 
stimulus, the outputs of the components of the transmitter 18 change over time. One reason for 
time-variance is thermal effects within the transmitter 18. The thermal effects cause variations 
in the amount of signal deformation caused by the power amplifier 20 and the filters 32 and 38 
to the information signal. Thus, it is desirable to compensate for all of the signal distortion (i.e., 
the sequence of linear, non-linear, and linear), and adapt to changes in the distortion. 

The apparatus 10 in accordance with the present invention provides three corrector or 
equalizer (i.e., compensating) components 42-46 within the 8VSB exciter 16 for the distortions 
that occur within the transmitter 18. The corrector/ equalizer components 42-46 are located 
upstream of the distorting transmitter components. Specifically, all of the corrector/ equalizer 
components 42-46 are upstream of the DAC 24. Thus, the correction/ equalization is via pre- 
distortion of the information signal such that once distortion subsequently occurs at the 
transmitter 18, the signal has desired values. 

Turning to the specifics of the corrector/ equalizer components 42-46, an adaptive linear 
equalizer 42 imposes a pre-distortion onto the information signal to compensate for the linear 
distortion caused by the high power filter 38. Preferably , the linear equalizer 42 includes at least 
one Finite Impulse Response ("FIR") digital filter that has suitable structure for pre- 
compensating or pre-equalizing the information signal to compensate for the linear distortion 
caused by the high power filter 38. The linear equalizer 42 may be comprised of, or include, a 
microprocessor that performs a program process and/or may be comprised of, or include, 
discrete "hard-wired" circuitry. It is to be appreciated that other filter types can be employed 
(e.g., IIR, a combination of FIR and IIR, or even an analog filter). 

An adaptive non-linear corrector 44 imposes a pre-distortion onto the signal to 
compensate for the non-linear distortion caused by the power amplifier 20. The non-linear 
corrector 44 may have any suitable structure for pre-distorting (i.e., pre-correcting) the signal 
to compensate for the non-linearities caused by the power amplifier 20. Specifically, the 
non-linear corrector 44 may impose a linear piecewise correction curve and an iterative or 
empirical approach to routinely update a set of correction values within a memory. 
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Alternatively, the correction could be generated by any number of algorithmic processes, such 
as curve fitting, that tend to provide the inverse distortion inherent in the power amplifier 20. 
Thus, the non-linear corrector 44 may be comprised of, or include, a microprocessor that 
performs a program process and/ or may be comprised of, or include, discrete "hard-wired," 

5 or programmable circuitry. 

An adaptive linear equalizer 46 imposes a pre-distortion onto the information signal to 
compensate for the pre-amplif ication linear distortion that is primarily caused by low-pass filter 
26 and the band-pass, filter 32. Preferably, the linear equalizer 46 is a filter that has suitable 
structure for pre-compensating or pre-equalizing the information signal to compensate for the 

10 pre-amplification distortion. The linear equalizer 46 may be comprised of, or include, a 
microprocessor that performs a program process and/or may be comprised of, or include, 
discrete "hard-wired" or programmable circuitry. 

The linear equalizer 42, the non-linear corrector 44, and the linear equalizer 46 are 
arranged in a sequence such that the pre-distortions (or pre-corrections) are imposed in a 

15 sequential order that is the inverse of the order that distortion occurs. Specifically, because the 
linear distortion caused by the high power filter 38 occurs last (i.e., at a downstream location 
from all of the other distortions), the pre-distortion imposed by the linear equalizer 42 occurs 
first. The pre-distortion imposed by the non-linear corrector 44 occurs second because the 
non-linear distortion imposed by the power amplifier 20 occurs second. The pre-distortion 

20 imposed by the linear equalizer 46 occurs third (i.e., after the pre-distortion from the linear 
equalizer 42 and the pre-distortion of the non-linear corrector 44) because the pre-amplification 
linear distortion occurs prior to the distortion caused by the power amplifier 20 and the high 
power filter 38. 

The linear distortion caused by the high power filter 38 must be corrected first (i.e., prior 
25 to non-linear correction) such that frequency dependent variations do not impact the non-linear 
pre-distortion. Such a sequence avoids a problem that a correction is deficient, or even incorrect 
and in a direction opposite to the direction needed for proper correction. Accordingly, in the 
correction scheme in accordance with the present invention, the linear effects (such as group 
delay) of the high power filter 38 are corrected first. Thus, the amplitude and group delay 
30 variations over frequency are not misinterpreted as non-linear deformations to the information 
signal. 

Turning to the signal input provided for the pertinent portion of the apparatus 10 shown in Fig. 
1, the information signal that is output from the baseband modulator (i.e., complex, digital, and 
preferably at 10.76 Msa/s) is input to an interpolation component 54. The interpolation 
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component 54 interpolates the complex data stream by two (2) to 21.52 Msa/s. A converter 48 
converts the information signal from complex format to real format, and also effectively doubles 
the sample rate of the information signal (preferably to a rate of 43.04 Msa/s). The output of 
the complex-to-real converter 48 is the input to the linear equalizer 42. Thus, it is to be 
appreciated that the corrector/ equalizer components 42-46 are located such that all of the 
correction/ equalization occurs at baseband or at a relatively low IF. 

As a digression regarding operation of the corrector/ equalizer components 42-46 at this 
data rate, it is to be noted that the non-linear characteristics of the power amplified 20 generic 
spectral spreading. Prior to the power amplifier 20, the signal bandwidth is confined ideally 
toabandwidm S etbyaNyquistfilter(shapmgfilter)thatis located upstream of thecomponente 
shown in Fig. 1. The non-linear distortion generated in the power amplifier 20 is broad-band, 
and extends beyond the Ny quist signal bandwidth. As the non-linearity becomes higher order, 
the bandwidth gets larger. As examples, a 3' d order non-linearity generates spectral spreading 
of about three times the original bandwidth, and a 5 th order system equates to about five times 
the bandwidth. 

Since the non-linear corrector 44 is required to correct for all of this spectral splatter, it 
must be capable of generating correction over the same bandwidth. This means that the signal 
applied to the non-linear corrector 44 must be over sampled by the same amount as the order 
of the non-linearities that are to be corrected. The components 54 and 48 allow three times the 
bandwidth of correction, and thus permit correction of 3 rd order artifacts. 

Turning again to the structure of the apparatus 10, it is to be appreciated that the linear 
equalizer 42 operates on the signal in the real domain. A real-to-complex converter 50 is located 
between the linear equalizer 42 and the non-linear corrector 44. Thus, the non-linear corrector 
44 operates in the complex domain so that both amplitudes and phase correction can be 
accomplished. A complex-to-real converter 52 is located between the non-linear corrector 44 
and the linear equalizer 46. The linear equalizer 46 and the components of the transmitter 18 
operate in the real domain It is to be appreciated that Fig. 1 shows one embodiment of the 
linear equalizers. Because the linear equalizers 42 and 46 are real filters, there must be complex- 
to-real conversions 48 and 52 to allow for real operations on the signal. A real-tcw:omplex 
converter 50 is needed to return the signal to a complex format preparatory to non-linear 
correction. If complex equalizers are used, then no complex-to-real pre-conversions and real-to- 
complex post-conversions are needed. 

The amount of correction/ equalization imposed by the linear equalizer 42, the non- 
linear corrector 44, and the linear equalizer 46 can be adapted (i.e., updated). A controller 60 
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determines the amount of change of the correction/ equalization for each of the linear equ aliz er 
42, the non-linear corrector 44, and the linear equalizer 46 (e.g., the filter coefficients are 
changed). In order to make determinations regarding correction/ equalization adaptation, the 
information signal is sampled prior to each correction/ equalization component. The signal 
5 sample taken prior to the linear equalizer 42 is held within a W memory 62. The signal sample 
taken prior to the non-linear corrector 44 is held within a D memory 64. The signal sample 
taken prior to the linear equalizer 46 is held within an X memory 66. In turn, the memories 62-66 
are connected to the controller 60 to provide the signal sample values to the controller 60. 

Determinations of whether a correction/ equalization requires adaptation (i.e., change) 

10 require comparisons between the information signed prior to the correction/ equalization and 
the information signal af ter distortion occurs. Thus, samples of the information signal are taken 
for each distortion. Specifically, the information signal is coupled-off 70 just prior to the power 
amplifier 20, such that the linear distortion of the band-pass filter 32, etc. is discernable. The 
information signal is coupled-off 72 just after the power amplifier 20, such that the non-linear 

15 distortion of the power amplifier 20 is discernable. The information signal is coupled-off 74 just 
after the high power filter 38, such that the linear distortion of the high power filter is 
discernable. 

A sampler 76 selectively samples at one of the three available sample locations (i.e., pre- 
amp, post-amp, and post-high power filter). The sampler 76 includes a switcher and a down 
20 converter. The output of the sampler is passed, via a low-pass filter 78, to an analog-to-digital 
(A/D) converter 80 and then to an Y memory 84. The Y memory 84 is connected to the 
controller 60. 

The controller 60 controls the sampler 76 to sample one of the three available sample 
locations (i.e., pre-amp, post-amp, and post-high power filter). The determination of which of 

25 the sample locations chosen is dependent upon the correction/ equalization that is to be 
monitored/ adapted. The Y memory 84 thus holds the information signal values that are 
indicative of the distortion that is needed to make the adaptation determinations. Thus, less 
processor capacity is required because the controller 60 selectively chooses the distortion to 
monitor and correct at each moment, and the processing that does occur is at a reduced rate. 

30 A process 100 for controlling the sampler 76 is shown in Fig. 3. The process 100 begins 

at step 102 and proceeds to step 104, in which the sampler 76 awaits a switch instruction from 
the controller 60. At step 106 the controller 60 provides a switch instruction. At step 108, the 
sampler 76 adjusts its switch setting according to the instruction from the controller 60. The 
information signal is sampled (step 110) at the chosen "pick-off location (i.e., pre-amp, post- 
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amp, or post-high power filter). The process 100 goes to step 112 to determine if the controller 
60 requests a change (i.e., change or disable the sampler). If the determination at step 112 is 
negative (i.e., the controller has not provided a new command) the process loops to step 110 and 
the signal continues to be sampled at the chosen pick-off location. If the determination at step 
112 is affirmative (i.e., the controller has provided a new command) the process goes to step 104 
to perform the steps 104-108 for switch adjustment 

A process 200 for correction/ adaptation is shown in Fig. 4. The process 200 begins at 
step 202 and proceeds to step 204, in which the linear equalizer 42 is set to provide a 
predetermined amount of compensation. Preferably, the initial compensation provided by the 
linear equalizer 42 is a nominal high-power filter compensation. At step 206, the non-linear 
corrector is initialized to provide an initial predetermined correction. Preferably, the initial 
correction provided by the non-linear corrector is a nominal power amplifier correction. At step 
208, the linear equalizer 46 is initialized to provide a predetermined compensation. Preferably, 
the initial compensation is a nominal sinx/x and up-converter compensation. 

At step 210, the sampler is set to sample at 70. At step 212, the X and Y memories are 
filled. Linear equalization is provided at equalizer 42 based upon a comparison of the values 
in the X and Y memories at step 214. At step 216, the sampler is set to 72. The D and Y 
memories are filled at 218. The correction of the non-linear corrector 44 is optimized based 
upon a comparison of the values in the D and Y memories at step 220. The sampler is set to 74 
at step 222. The linear equalizer 42 is equalized based upon a comparison of the values in the 
W and Y memories at step 224. Upon the completion of step 224, the process 200 loops back to 
step 210. 

A transmission system (14) broadcasts a signal, having (14), a power amplifier (20) that 
causes non-linear distortion. A pre-amp component such as a band-pass filter (32), causes 
linear distortion. A high power filter (38) is located downstream of the power amplifier (20) and 
causes linear distortion. A linear equalizer (42) compensates for the distortion caused by the 
high power filter (38). A non-linear corrector (44) compensates for the distortion caused by the 
power amplifier (20), and is located downstream of the linear equalizer (42). A linear equalizer 
(46) compensates for the distortion caused by the pre-amp components (e.g., 32). The 
compensating components (42-46) are located upstream of the distorting, pre-amp component 
(e.g., 32). 
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Claims: 

1 . A broadcast transmitter system comprising signal provision means for providing 
an information signal power amplifier means for amplifying the information signal to a 
broadcast transmission power level, said power amplifier means subjecting the information 

5 signal to distortion shifts away from intended values, characterized in that pre-amp 
conditioning means for conditioning the information signal before the information signal is 
amplified by said power amplifier means, said pre-amp conditioning means being located 
upstream of said power amplifier means, and said pre-amp conditioning means subjecting the 
information signal to distortion shifts away from intended values, post-amp conditioning means 

10 for conditioning the information signal after the information signal is amplified by said power 
amplifier means, said post-amp conditioning means being located downstream of said power 
amplifier means, and said post-amp conditioning means subjecting the information signal to 
distortion shifts away from intended values, first compensating means for modifying the 
information signal to compensate for the ( distortion shifts imposed by said post-amp 

15 conditioning means, said first compensating means being located upstream of said pre-amp 
conditioning means, second compensating means for modifying the information signal to 
compensate for the distortion shifts imposed by said power amplifier means, said second 
compensating means being located downstream of said first compensating means and upstream 
of said pre-amp conditioning means, and third compensating means for modifying the 

20 information signal to compensate for the distortion shifts imposed by said pre-amp conditioning 
means, said third compensating means being located downstream of said second compensating 
means and upstream of said pre-amp conditioning means. 

2. A system as claimed in claim 1 characterized in that first sample means for 
coupling off a first sample of the information signal after said pre-amp conditioning means and 

25 before said power amplifier means, and first determination means utilizing the first sample for 
determining the modification to be imposed by said third compensating means on the 
information signal. 

3. A system as claimed in claim 2 characterized in that second sample means for 
coupling off a second sample of the information signal after said power amplifier means and 

30 before said post-amp conditioning means, and second determination means utilizing the second 
sample for determining the modification to be imposed by said second compensating means on 
the information signal. 

4. A system as claimed in claim 3 characterized in that third sample means for 
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coupling off a third sample of the information signal after said post-amp conditioning means, 
and third determination means utilizing the third sample for determining the modification to 
be imposed by said first compensating means on the information signal. 

5. A system as claimed in claim 4 characterized in that a controller that comprises 
said first-third determination means, and selector means for selectably connecting one of said 
first-third sample means to supply samples for use by said controller. 

6. A system as claimed in claim 1, wherein said signal provision means provides 
the information signal as a complex format signal, said system includes first converter means 
for converting the information signal from complex format to real format, said first converter 
is located upstream of said first compensating means, said first compensating means including 
means for modifying the information signal in real format. 

7. A system as claimed in claim 6 characterized in that second converter means for 
converting the information signal from real format to complex format, said second converter 
is located downstream of said first compensating means and upstream of said second 
compensating means, said second compensating means includes means for modifying the 
information signal in complex format 

8. A system as claimed in claim 7 characterized in that third converter means for 
converting the information signal from complex format to real format, said third converter is 
located downstream of said second compensating means and upstream of said third 
compensating means, said third compensating means including means for modifying the 
information signal in real format 



12 



oo/70748 -"ZST AVAILABLE COPY 



PCT/US00/13007 




SUBSTITUTE SHEET (RULE 26) 



WO 00/70748 



PCT/USOO/13007 



CD. 



2/3 



en 



o 



lu cr 

QOUJ 



CO 




SUBSTITUTE SHEET (RULE 26) 



WO 00/70748 



PCT/USOO/13007 



3/3 

( START> ^ 2Q2 



INITIALIZE LINEAR EQUALIZER 42 
(E.G., TO NOMINAL HP. FILTER COMP.) 



INITIALIZE NON-LINEAR CORRECTOR 44 
(E.G., TO NOMINAL P.A. CORRECTION) 



200 



204 



206 



INITIALIZE LINEAR EQUALIZER 46 
(E.G., TO NOMINAL SINX/X AND UPCONV. COMP.) 



208 



SET SAMPLER TO SAMPLE AT 70 



•210 



FILL X AND Y MEMORY —-212 



EQUALIZE LINEAR EQUALIZER 42 
(BASED ON COMPARISON OF X AND Y) 



214 



SET SAMPLER TO 72 


i 





216 



FILL D AND Y MEMORY —218 



OPTIMIZE CORRECTION OF N.L CORR. 44 
(BASED ON COMPARISON OF D AND Y) 



220 



SET SAMPLER TO 74 



-222 





EQUALIZE LINEAR EQUALIZER 42 
(BASED ON COMPARISON OF W AND Y) 







FIG. 4 



SUBSTITUTE SHEET (RULE 26) 



INTERNATIONAL SEARCH REPORT 



Inter one! AppttcatJon No 

PCT/US 00/13007 



^n9H^§ S,RC f l TI , iN OF SUBJECT MATTER 

IPC 7 H03F1/32 



According to International Patent Qassmcation (IPC) or to both national classification and IPC 



B. FIELDS SEARCHED 



*^um doctjmentetion searched (classification system followed by classification symbols) 

IPC 7 H03F 



Dccurnentation searched other than mirerr^ do In the fields searched 



Electronic date base consulted during the international 

EPO-Internal , WPI Data 



search (name of data base and. where practical, search terms used) 



C DOCUMENTS CONSIDERED TO BE RELEVANT 



Category* 



Citation of document, with indication, where appropriate, of the relevant passages 



Relevant to claim No. 



US 5 424 680 A (GALL CHARLES H ET AL) 
13 June 1995 (1995-06-13) 
abstract; figures 38,4 

US 5 133 014 A (PRITCHARD ERIC K) 
21 July 1992 (1992-07-21) 
figure 9 



| Further documents are fisted in the continuation of box C. 



ID 



Patent family members are tsted n annex. 



Special categories of cited documents : 

'A* document defining the general state of the art which is not 

considered to be of particular relevance 
■E" earlier document but published on or after the international 



T later document published after the ntematonal filing date 
or priority date and not in oonfact won the application but 
cited to understand the prrapie or theory underlying the 



X document which may throw doubts on priority ciaim(s) or 
which is cited to establish the publication date of another 
citation or other special reason (as specified) 

•O" document referring to an oral disclosure, use. exhibition or 
~" — means 



•P" document published prior to the international filing date but 
later than the priority date claimed 



"X* document of particular relev a n c e: (he claimed invention 
cannot be considered novel or cannot be considered to 
involve an inventive step when rte document is taken alone 

■V document of particular relevance, the claimed mention 

cannot be considered to involve an inventive step when the 
document is combined with one or more other such docu- 
ments, such combination being obvious to a person skilled 
in the art 

"&* document member of the same patent family 



Date of the actual completion of the international search 



14 September 2000 



Date of mas&ng of the international search report 

21/09/2000 



Name and maSing address of the ISA 

European Patent Office. P.B. 581 8 Patentiaan 2 
NL - 2280 HV Rijswijk 
Tel. (431-70) 340-2040, Tx. 31 651 epo nJ. 
Fax: (+31-70) 340-3016 



Authorized officer 



Segaert, P 



Fom» PCT/ISA/210 (seoond sheet) (Jury 1882) 



INTERNATIONAL SEARCH REPORT 

if oiti istto n on patent family nwmbwft 



onal Application No 

PCT/US 00/13007 



Patent document 


Pi±>licstion 




Patent family 




Publication 


cited in search report 


date 




members) 




date 


US 5424680 A 


13-06-1995 


EP 


0746902 


A 


11-12-1996 






WO 


9515613 


A 


08-06-1995 



US 5133014 A 21-07-1992 US 5636284 A 03-06-1997 

US 5734725 A 31-03-1998 
US 5434536 A 18-07-1995 



( 



Form PCT71SA/210 (potent tamfly annex) (July 1 992) 



} 



THIS PAGE BLANK (usptoj 



